Abstract. A Digital Waveguide Mesh is introduced as a method for acoustic modelling. Genetic Algorithms are applied to evolve the structure of a mesh to simulate the human throat and mouth, producing vowel-like sounds. The evolved shapes are compared to actual shapes adopted by the oral vocal tract during speech. The evolutionary methods are "tuned" for implementation on a new hardware device being developed under the POEtic project. Initial results given in this paper are promising.
Introduction
Although electronic speech synthesis has existed since the 1960s, research still continues into creating realistic, humanlike sounds. It has been shown in [1] that digital waveguide meshes (DWMs) are a promising area of research for tackling this problem. DWMs allow the creation of acoustic objects, such as a throat, simply by specifying their physical properties i.e. shape and boundary characteristics. A simulated throat can then, for example, be excited at the input (larynx) end with white noise and a whispered sound heard at the output (mouth).
A mesh that provides a realistic spoken or sung sound, will also be useful as an analysis tool for the training of singers. Ongoing projects [7] aim to produce software which can infer the shape of a singer's vocal tract from the sound they create; realistic mesh models might provide a benchmark for these applications. However, real data on the shape of the human vocal tract while in use, is not easily available. The only recorded work relates just to Russian vowels and involved high doses of X-rays [5] .
As an alternative to supplying a mesh model with real data, a genetic algorithm is proposed as a means of finding a suitable shape for the mesh. This is well-suited to the problem as there is no obvious mapping between the desired output sound and the mesh shape required to create it; however it is easy to compute a fitness function by comparing the output sound to a "target" sound. Evolvable meshes are being developed as a demonstrator for the POEtic chip [4] , a hardware platform designed for rapid experimentation with biologically inspired techniques.
The paper is structured as follows: Section 2 introduces digital waveguide meshes in more detail. Sections 3 and 4 present the work on evolving the meshes, while Sections 5 and 6 discuss the results.
Waveguide Meshes
Waveguide Meshes were originally described by Van Duyne and Smith in [6] . This section provides a brief introduction; detailed derivations can be found in e.g. [3] .
Background
A waveguide is simply a bidirectional delay line, which is an accurate model of sound propagation in one dimension, as can be seen from the d'Alembert solution to the travelling wave equation:
which shows that a 1-d wave in a medium of constant impedence can be decomposed into two separate signals travelling in opposite directions. A two-(or higher-)dimensional space can be modelled by connecting such waveguides together in a grid. Each delay line is only one unit (sample) long, and each node on the grid necessitates a scattering junction to distribute the incoming waves as appropriate.
Various mesh topologies have been proposed, but the one used for this paper is the 2-d rectangular-grid mesh, using 4-port scattering junctions. Unlike the 1-d model, the 2-d model is not a perfect reflection of reality as sound does not propagate equally in all directions. However, a high resolution mesh can provide a good approximation.
The 2-d model has the obvious use of modelling membranes such as a drumskin. However, it also exhibits some of the properties of higher-dimensional meshes, such as the ability to contain complex standing waves -thus having a highly customisable frequency dependant response, unlike a string which for a fundamental frequency f can only stabilize at frequencies f , 2f , 3f etc. Thus, a 2-d mesh can be used as an approximation to a higher-dimensional space.
Scattering Equations
The equation governing the scattering is
where p out n is the value of the nth signal leaving the junction and p in n is the nth signal arriving at the junction (as shown in Fig. 1 ). 
Finite Difference Formulation
Instead of calculating the value of the signal travelling in each direction, the mesh can be represented by a finite difference formulation where each node i has a pressure p i which is updated every ∆t (which depends on the wavespeed) as follows:
where N ranges over the four neighbours of node i. Thus future mesh states can be calculated with only half the data -two values stored per junction, rather than two per connection.
Edges
At the edges of the mesh, a reflection calculation is performed. A "dummy" junction is connected as defined by
where λ is the user-defined coefficient of reflection of the boundary, ranging between −1 and 1. The dummy junction can be connected to all nodes on the edge of a mesh (which may be 3-or even 2-neighbour nodes). In the finite difference formulation, the dummy junctions are implemented as follows:
This is less efficient and less flexible (2-or 3-neighbour edge nodes cannot be specified) but necessary if the rest of the mesh is to be implemented with a finite difference model.
Sampling Rate
Equations 2 to 5 are valid for a sampling interval defined by
where c is the speed of wave propagation in the material (whether modelling transverse or longitudinal waves), N is the number of dimensions and ∆x is the distance between scattering junctions. For a small object such as the human vocal tract, a high sampling rate (towards 200kHz) is chosen in order to obtain better spatial resolution in the model -even if only a low output sample rate (for example, 11kHz) is required to satisfy the Nyquist criterion for the audio output itself.
Three Dimensional Implementation
Various topologies have been successfully used for three-dimensional mesh modelling [8] . However, 3-d meshes contain many more nodes than their 2-d counterparts and therefore bring increased computational complexity. Meanwhile it has been shown in [1] that a two-dimensional mesh alone is capable of producing the effects needed (e.g. alteration of spectral content) to model the human vocal tract.
Evolving Waveguide Mesh Shapes
Mesh shapes were evolved to produce vowel sounds as follows.
Representation
The phenotype consists of a rectangular-grid 2-d finite difference mesh. Using a sampling rate of 44.1kHz (the audio studio standard) gives a spatial resolution of 1.1cm (from (6)), which is considered adequate but not too complex for hardware implementation. The human oral vocal tract (17cm long in the average male) is thus modelled by a mesh 16 nodes in length. The width is variable, but 9 nodes (99mm) was chosen as a maximum which is not exceeded in nature.
For simplicity, symmetry along the long axis was assumed, as was the presence of at least one normal node in the centre of the mesh (otherwise no sound would pass through). Thus, the genotype was defined to be a string of integers g i such that at each point, the width in nodes w i of the mesh was
The coefficient of reflection (λ), was set to be 0.875 on all boundaries except for the mouth, where it was set to −0.875. These figures are close to those suggested in [1] but rounded to a power of two for easy hardware implementation.
Fitness Evaluation
The fitness was measured by exciting the mesh at one end and comparing the spectral content of the output (at the other end) to a pre-recorded vowel sound.
The excitation took the form of white noise (to simulate a whisper).
To increase the speed of calculation, the output was first downsampled to 11,025Hz. The mesh was given a period of 50 samples during which standing waves could form before the fitness was evaluated.
The spectral comparison is similar to that described in [2] . The individual being evaluated and the target sound are both normalized and transformed to the Fourier domain, where a mean absolute difference between the two spectrograms is computed (excluding DC components). Phase information is discarded.
Two minor variations on this were tried:
-a penalty was added to overly quiet sounds, this being a constant factor multiplied by the difference in peak levels of the target and individual sounds (before normalisation) -phase information was included However, neither of these showed better results than those derived from the original fitness function (which are shown in this paper).
Genetic Algorithm
A mutation-only genetic algorithm was implemented. Mutation changed an integer in the genome at random, and the mutation rate dropped uniformly from 100% to 0% over the first two-thirds of the run, then remained in a "single change only" mode for the remaining third. The population size was chosen to be 40. Elitism and rank were set to 5 -i.e. each generation consisted of the 5 best individuals from the previous generation followed by 35 children. The parent of each child was selected from either the best 5, or another 10 chosen at random (to prevent stagnation). Crossover was not used -the algorithm would probably run better with crossover, but adequate-sounding individuals were achieved without it. A run length of 50 generations was found sufficient; the algorithm often terminated prematurely when the maximum fitness did not improve for more than 10 generations. Figure 3 shows the spectral content of some evolved vowels, compared to the recorded real vowels, for meshes excited with white noise (whispers). The reader will note that they typically match markedly better at low frequencies than elsewhere. This is because the data selected are from the results which "sounded" best and the bias towards matching more in certain parts of the spectrum is thus an artefact of human selection.
Results
For comparison, Fig. 4 shows the average spectrum of ten evolved "ah" vowels, and it can be seen that the close matching regions more evenly distributed accross the whole spectrum, but not as close in any one region as an individual. Also shown is another evolved spectrum for "ah" which appears to match as closely (overall), yet sounds inferior. All the spectra evolved were of high fitness (based on least absolute difference between spectra): thus, the close partial matching of the best sounding spectra suggests that results could be improved by using a fitness function based on psychoacoustic principles. Figure 5 shows the average shape evolved for each vowel, measured in terms of the diameter at each point along the long axis of the vocal tract. The error bars extend to one standard deviation either side of the mean value. For comparison, the "virtual radii" ( area π ) of the corresponding human vocal tract area functions [5] are given.
Discussion

Spectral Content
Informal listening to the mesh's audio output suggested that the GA successfully configures the mesh to produce realistic sounding vowels. The close-matching parts of the spectra in Fig. 3 , combined with the overall closeness of the average spectra in Fig. 4 , also show this.
It is notable that the technique works despite the differences between the model and the real world -in particular the model is both 2-dimensional and simplified for a hardware implementation.
As noted in Sect. 4, the results could be further improved by implementing a fitness function based on psychoacoustics. Intuition suggests that this is unnecessary, as we should be able to evolve a spectrum that actually is the same as a real one, rather than just sounding the same. However psychoacoustics may be a worthwhile route to improve results when using such a simplified model. Fig. 3 . The whispered "ee", "oo", "er" and "ah" vowels, as in "meet", "boot", "bird", "father" -clockwise from top left. Actual spectra shown with lines, evolved spectra with points 
Evolved Shapes
It should be noted that the standard deviations plotted on graphs of evolved shapes, are so large as to render the results (with respect to shape) insignificant. Clearly the shape of the meshes is not convergent.
In any case there is little matching between the mean evolved shapes and the real shapes. Of course, there was no guarantee that evolution would converge upon the same solution found in nature (although we might learn something interesting if it did)! It is certainly not likely to here, however, given the differences between the model and reality (e.g. the 2-d vs 3-d issue).
If this is to be used as an analysis tool, convergence on shape may be possible by using a better genetic algorithm (with i.e. crossover and adaptive parameters). Evolving a "natural" shape may still be achievable by upgrading to a 3-d model and applying known biological constraints to the shapes which can be evolved. For example, the tracts could be made narrower, area variation could be restricted in certain positions and the resolution to which the area function is simulated could be increased.
Hardware Implementation
It is intended that these meshes be implemented in hardware (and further experimentation performed) on the POEtic chip, when it becomes available. The chip will contain reconfigurable hardware and a microprocessor for the running of GAs (thus, rapid evolution of meshes will be possible). The hardware (or ontogenetic tissue) can in fact reconfigure itself -thus allowing experimentation with techniques such as growth and self-repair.
As hardware will be limited, and the reflective "edge" cells are the most expensive in terms of silicon area, an experiment was conducted in which only half the number of reflecting cells were used. Alternate edge cells were implemented with the output fixed to zero (which implies λ = 0). Equally good vowels were produced through evolution, which adapted well to cope with this hack.
Conclusions
Digital Waveguide Meshes are a promising tool for the synthesis and analysis of speech and singing. However, real data on the shape of the human throat while in use is hard to obtain. Evolution has been shown to be an effective alternative design method for the shape of DWMs -even though the shapes are not (as yet) convergent, the sounds produced are good.
A question which should be asked from the perspective of audio synthesis is, why limit ourselves to a simulation of reality such as this? It is equally easy to simulate, for example, multidimensional meshes or nonlinear elements. While it is not obvious how to create a useful design from such components, it is possible to explore the design space by evolution.
